United States Patent [19]

Davis et al.

0 OO O

USOO5781882A
(111 Patent Number: 5,781,882
45} Date of Patent: Jul. 14, 1998

[54]

[75]

[73]

[21]
[22]

[51]
[52]
[53]

[56]

SANvHA

VERY LOW BIT RATE VOICE MESSAGING 5,495,555 2/1996 Swamunathan .........cceccovvinnecees 395/2.16
SYSTEM USING ASYMMETRIC VOICE |
COMPRESSION PROCESSING OTHER PUBLICATIONS
Jayant and Noll. Digital Coding of Waveforms—Principles
Inventors: Walter Lee Davis. Parkland: and Applications to Speech and Video, pp. 510-523 and pp.
Jian-Cheng Huang. Lake Worth; Leon 546-563. Prentice~Hall. Inc.. Englewood Cliffs, NJ 1984.
Jasinski, Fort Lauderdale. all of Fla. Gersho and Gray. Vector Quantization and Signal Compres-
_ sion, pp. 605-626. Kluwer Academic Publishers. Norwell.
Assignee: Motorola, Inc.. Schaumburg, Iil. MA. 1992,
Appl. No.: 528,455 Primary Examiner—Allen R. MacDonald
Assistant Examiner—Richemond Dorvil
Filed: Sep. 14, 1995 Attorney, Agent, or Firm—Philip P. Macnak
INL CLE e ecs s sesnsesasssarsas s GI0L 3/02 [57] ABSTRACT
US. Cl e cernecsesesesene, 704/221; 704/266
Field of Search ........cccceeeeveveeeseee 395/2.36. 2.37.  /\n apparatus and method for processing a voice message to
395/2.71. 2.73. 2.28. 2.32. 2.3. 2.09. 2.1.  provide low bit rate speech transmission processes the voice
2.91: 379/88. 56. 58. 57: 704/258. 266.  Mmessage to generate speech parameters which are arranged
221. 500. 227  into a two dimensional parameter matrix (502) including a
sequence of parameter frames. The two dimensional param-
References Cited eter matrix (502) is transformed using a predetermined two
dimensional matrix transformation function (414) to obtain
U.S. PATENT DOCUMENTS a two dimensional transform matrix (506). Distance values
4,479,124 10/1984 Rodriguez et al. .........reuoeenees 340/825  representing distances between templates of a sct of prede-
4612414 971986 JUADE ...ovoreerreerersenns e nesseonas 3951228  termined templates and the two dimensional transform
4,701,943 10/1987 Davis et al. .ccecrvreemreerrereesenns. 379/57  matrix (506) are then derived. The distance values derived
4,769,642 9/1988 Davis et al. .....cerecnneees 340/825.44 are identified by indexes identifying the templates of the set
4,811,376  3/1989 Davis et al. .....ccovvemriiniirenrannes 379/57 of predetermined templates. The distance values derived are
i’ﬁ%ﬁ,éi’g 13; }ggg Eml':e f:ﬂal- e——— 43'?;*2%33 compared, and an index corresponding to a template of the
. 1Isch et al. ....vvnrrireecarennenee : : : . :
4,885,577 1271989 NelSOD wroooemreriesmerssescrrn 3082544 oo ;;ft o caicémn?agﬁgf having a shortest distance s
5,305,332  4/1994 OZAWA cceeevecrrreacnssinscnsrsssnsansinsve 371/31
3327520 T/1994 Chen ...cvvivenveciicsisnscssinncissnes 395/2 28
5,371,853 12/1994 Kao et al. ..coeeverrrerversenienranee 395/2.32 61 Claims, 16 Drawing Sheets
i
PARAMETER 414 506 <——— MORE SIGNIFICANT DATA
~ [ Typical 13 Parameters || ) LESS SIGNIFICANT DATA —» [
E— " —— 1%
I WO WO %
e DIMENSIONAL DIMENSIONAL Gz)
- TRANSFORM TRANSFORMED m oz
i ARRAY $ 9
TWO i Ei > D
DIMENSIONAL =
SPEECH DATA \ ~ g 0
MATRIX 504 > i
O
>
Pz
—
————— 0
e 502 =,

_/




5,781,882

d43A13034
ONIOVd

Sheet 1 of 16

H311lINSNVHL TVNINEAL
ONIOVd ONIDVd

e

20!

Jul. 14, 1998

Nn:

U.S. Patent



5,781,882

Sheet 2 of 16

Jul. 14, 1998

U.S. Patent

" L —— L L ] ———— " T L] T ' " L] e T L ] ] [ ] [~ ] bl L ] I ] L. ] L ] =" ] L ]

_ alc |
oL
| 43T0HINOD | _ 08 a0z |
. | _
Z DId
_

| y3Ly3aANoD || T
- OTYNY || ot BAno2,
/T ..ﬂm%%@zmmm 3DV4HILNI “ _
geel HNIOVJ ANOHJd313l | '}
_ I D0IvYNv |! 9%
_ HOSS3D0Hd | . rK
AVYNDIS | 90¢ 0z |, 90
/T| 3ovdols 1v1ioId | |/
ozzl | vivd H3LHIANOD ||, \%m
801 | ! V1010 NOLLDOINNOD
| ._._ZJ _ mwaduu.__“m_._,..\z_ __ NiSd DOTYNV
HILLINSNVHL L | q0HLNOD | aNoHd3 3L |/
ONIDVd | [H3LLINSNYYL 1 D07vNY ||
. | |
Q4+ | fomm «»| 3OVAHALNI | |, /v
. . INOHd313L
_ | NOILLIOINNOOD
’ . 501 | . _ ._<._._. I __ NISd TV.LiDIg
_ 1INN - oz |
HILLINSNVHL .
TJOHLNOD | 202
ONIOVd | [u3LLimsNvyL TYNOIS EvAGue=ir] DN
NOILOINNOO
0Ll | Occ \. 1v.1iDIa _:E.mi TVLIOId



U.S. Patent Jul. 14, 1998 Sheet 3 of 16 5,781,882

306

RECEIVE REQUEST1 °% [RECEIVE REQUEST Y
FROM DIGITAL _/ FROM ANALOG

PSTN LINE PSTN LINE

304 308
DIGITAL FRAME | / ANALOGTO |/
DE-MULTIPLEXING DIGITAL
CONVERSION

310

ASSIGN DIGITAL
SIGNAL
PROCESSOR

STORE SPEECH | °'¢

UNCOMPRESSED
VOICE DATA

314
PROCESS DATA

316
ENCODE DATA

318

STORE ENCODED
DATA IN PAGE
QUEUE

320

FORWARD DATA TO
TRANSMITTER

322
30

300
FIG. 3

TRANSMIT DATA



U.S. Patent Jul. 14, 1998 Sheet 4 of 16 5,781,882

DIGITIZED SPEECH
DATA 402

404

GAIN -/

NORMALIZATION
406

_/

408

SPEECH
ANALYSES

410

PARAMETER
STACK

412

TWO DIMENSIONAL
SEGMENTATION

414

TWO DIMENSIONAL
TRANSFORM

416

MATRIX
QUANTIZATION

420

INDEXES
14

FIG. 4



5,781,882

S OIA

-
2 =
- :
& —
.m < XIH1VIN
O 3 V1v(d HO33dS
x D TYNOISNaWIA
X Wz 9 e OML
- O O AvddY !
3 = L (— 03WHO4SNvHL NHOISNVH.L
= z TYNOISNIWIA TVNOISNIWIC
= % OML Oml
7
L <«—VLvVa INVOIJINDIS S531 | siotewesed e [eoldA] |
YLVA INVOIHINDIS IHOW ——> 909 bLb

_ Hd13WNVHVd

U.S. Patent



9 OIA

5,781,882

NOILLVINJ1VI

JONV.LSId
AVHHY A31HDIIM

AVHHY
X3 ANI

™

cl9

Sheet 6 of 16

AvVHHY dONVLSId HENE .“““

U=A 111 swoog3aos T 11
4 T 11 T 111

019 ) HEEEEEEEEEEEER
3 ’ HEEEEEERREEEN

Jul. 14, 1998

A3NWHO4SNYH.L
TVNOISNIWId OML

U.S. Patent
HEN



Sheet 7 of 16

Jul. 14, 1998

U.S. Patent

5,781,882

T
S O

[y m
AvHHY
ONILHDIIM

NOLLYIND1VO
JONV1SIA
go9 | AvHHY A31LHODIIM

X3ANI [ m
1]
T )
AV _ 5 e
““““““I““ﬂ HEEREEREEREEE
. 4dunn T
vos | | [ | QT 204 | [ ‘)
MOO4 - AVHYY BEE
AvVHYY JONVISIA 11 R

3002

- QIWHo4SNvHL T 111
o RN TVNOISNIWIA
N AT 7, oML |
L Lo e o T
P . . | 90%

oﬂv_@ J



U.S. Patent Jul. 14, 1998 Sheet 8 of 16 5,781,882

802 804
CLOCK|—>{ PROCESSOR | /

\ : /-810

CONTROLLER
INTERFACE FUNCTION

DATA INPUT FUNCTION

806

PROGRAM VARIABLES 610
DISTANCE ARRAY

GAIN NORMALIZATION INDEX ARRAY
FUNCTION
INPUT VOICE DATA 612
FRAMING FUNCTION BUFFER

SHORT-TERM PREDICTION
FUNCTION

OUTPUT VOICE DATA
BUFFER

PARAMETER STACKING
FUNCTION

TWO DIMENSIONAL

SEGMENTATION
FUNCTION 608

TWO DIMENSIONAL -/
TRANSFORM FUNCTION

MATRIX QUANTIZATION
' FUNCTION

DATA OUTPUT FUNCTION

CODE BOOK |

CODE BOOK I

MATRIX WEIGHTING 816
ARRAY ~
nPuT loutPuTl|l BuUSS
PORT || PORT PORT

FIG. 8§ 514 212 218




5,781,882

“o
= 6 DIA
&N —_—
- 006
i
M
7
S1lg ALIHYd 6 S118 V.1va ol Siig viva ol
) )
2 ol L
=
3 2€ LE ve €2 22 |2 AW
o
oo

U.S. Patent



5,781,882

AHOW3N
. FOVSSIN
0 ‘DI4 ¢
FIT
= JOV3H3ILNI
= H3asn
—
= peo|
g HIOLIMS j
AHOWIWN HIAVS 9001
3009 Y
" dERE ICENON [
2 e 0201
M,, m:uh mhoh
E
B : H3L1HIANOD HOSSID0Hd
olany HOTVNV TVYNDIS H3IAIFO3Y
Ol 1v1ii9ia IvLioid

bAL] 0101 8001 001 \Lr

clli

U.S. Patent



U.S. Patent Jul. 14, 1998 Sheet 11 of 16 5,781,882
1102 1104
\_ CLOCK PROCESSOR )
RECEIVER CONTROL PROGRAM VARIABLES
FUNCTION

USER INTERFACE INPUT VOICE DATA
FUNCTION BUFFER
" DATA INPUT FUNCTION
POCSAG DECODING OUTPUJU‘{:%EFE DATA
FUNCTION

CODE MEMORY
INTERFACE FUNCTION
1110

ADDRESS COMPARE
CTIC J

DE-QUANTIZATION
FUNCTION

INVERSE TWO
DIMENSIONAL
TRANSFORM

MESSAGE MEMORY
INTERFACE FUNCTION

SPEECH SYNTHESIZER
FUNCTION

CODE BOOKS |

CODE BOOK i
1o 1116
DIGITAL | [DIGITAL | [CONTROL
OUTﬁS;gﬁQEROL INPUT ||ouTPuT || BUSS
PORT || PORT PORT

FIG. 11 \ 1008 1016 1018 1020




U.S. Patent Jul. 14, 1998 Sheet 12 of 16 5,781,882

1202
\_ | MONITOR FOR
PREAMBLE
1204

N

PREAMBLE
DETECTED

1206
\ SYNCHRONIZE

1208

\_ ADDRESS
MATCH
1210 FES
N[ RECEIVE DATA
1212
[ POCSAG ERFOR
CORRECTION

1214

RECOVER
COMPRESSED VOICE
DATA AND STORE

1216

\_[PROCESS DATA

1218
\_ [[STORE MESSAGE
AND ALERT USER

1220

\_| RECEIVE USER
REQUEST

1222

“-[Fravwessace | FIG. 12




U.S. Patent

Jul. 14, 1998 Sheet 13 of 16

RECEIVED DATA
1302

PAGING oo
prROTOCOL |~/
DECODER

1306
DE-QUANTIZATION _./

1308

INVERSE

TWO DIMENSIONAL
TRANSFORM

1310

SPEECH DATA
SYNTHESIZER

j'

1312
SPEECH

DATA

FIG. I3

5,781,882



5,781,882

_ IIIIIIIIIJ
HEEENEEEEEN
HEEEEEEEEENE
_
H

u

SH31JdANVYHVd -
03d3dS 40 AvVdaY

NOISNIWIA OM1

Sheet 14 of 16

NHOASNVYHL
TVYNOISNIWIA

OML
3SH3ANI

/mom;

Jul. 14, 1998

U.S. Patent

vl OIA
U=

SRR AVHHY
EEEEEEEEEEEEN X3ANI
HEEEEEEEEEEEN ¢ -
EEEENEEREEEEN ; -
HEE nEN . -
|| | Moog3aoo | | | _ -
T T 0= E—
HEEEEEEEEEEEN "
EEEEEEEEEEEEN —<
RARNLARE == —
[ l
| F‘
) A
c .
. -
-

cOrl



5,781,882

Sheet 15 of 16

Jul. 14, 1998

U.S. Patent

11 ' sy313nvavd < /=

HO33dS 40 AVHUY

/m&i

Y
BEEEEEREEERERER
HEEREEEREREEEE
HEEEREEEREEEEN
HEER HER
T ot a
|l || Moogaaoo | | |
BEE HEE
HEEEEEEEERREER
HEEREEEEREREER
HEEREEEEEREER




.

0O

= Il“-“llllllll

X T sort

Yol “II HE
T HO3I3dS 40 AVHHY
B TVYNOISNIWIA OML .
Ll 91 DI

WHO4SNVYHL HEEEEERERREER

TVNOISNINWIC HEREEEREERREEER
OML ISHIANI

Sheet 16 of 16

8091 [ ¥09

- :“x

l-IIlllllIua-x\ EEEEEEEEEE
. AR wﬁxnnnll mmE
) AVHHY T e T
< omzmon_mzqw_p — RN wmmw EEE
= TVYNQOISNIWIQ OML
= |_ | o091 | HEE
S L Ir AT

HEREEREEER /

ENEEENEEE s
_

U.S. Patent



5.781.882

1

VERY LOW BIT RATE VOICE MESSAGING
SYSTEM USING ASYMMETRIC VOICE
COMPRESSION PROCESSING

FIELD OF THE INVENTION

This invention relates generally to communication
systems. and more specifically to a compressed voice digital
communication system providing very low data transmis-
sion rates providing asymmetric voice compression process-
ing.

BACKGROUND OF THE INVENTION

Communications systems. such as paging systems. have
had to in the past compromise the length of messages.
number of users and convenience to the user in order to
operate the system profitably. The number of users and the
length of the messages were limited to avoid over crowding
of the channel and to avoid long transmission time delays.
The user’s convenience is directly effected by the channel
capacity. the number of users on the channel, system features
and type of messaging. In a paging system. tone only pagers
that simply alerted the user to call a predetermined telephone
number offered the highest channel capacity but were some
what inconvenient to the users. Conventional analog voice
pagers allowed the user to receive a more detailed message,
but severally limited the number of users on a given channel.
Analog voice pagers. being real time devices, also had the
disadvantage of not providing the user with a way of storing
and repeating the message received. The introduction of
digital pagers with numeric and alphanumeric displays and
memories overcame many of the problems associated with
the older pagers. These digital pagers improved the message
handling capacity of the paging channel, and provide the
user with a way of storing messages for later review.

Although the digital pagers with numeric and alpha
numeric displays offered many advantages. some user’s still
preferred pagers with voice announcements. In an attempt to
provide this service over a limited capacity digital channel,
various digital voice compression techniques and synthesis
techniques have been tried, each with their own level of
success and limitation. Techniques such as voice synthesiz-
ers simply replaced the numeric or alphanumeric display
with a computer generated voice, sounding not at all like the
originator voice. Standard digital voice compression
methods. used by two way radios also failed to provide the
degree of compression required for use on a paging channel.
Voice messages that are digitally encoded using the current
state of the art would monopolize such a large portion of the
channel capacity that they may render the system commer-
cially unsuccessful.

Accordingly, what is needed for optimal utilization of a
channel in a communication system, such as the paging
channel in a paging system. Is an apparatus that digitally
encodes voice messages in such a way that the resulting data
is very highly compressed and can easily be mixed with the
normal data sent over the communication channel. In addi-
tion what is needed is a communication system that digitally
encodes the voice message i1n such a way that processing in
the communication receiving device, such as a pager. is
minimized.

SUMMARY OF THE INVENTION

In accordance with a first embodiment of the present
invention there is provided a method for processing a voice

message to provide a low bit rate speech transmission. The
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method comprises the steps of: processing the voice mes-
sage to generate speech parameters: arranging the speech
parameters into a two dimensional parameter matrix which
comprises a sequence of parameter frames; transforming the
two dimensional parameter matrix using a predetermined
two dimensional matrix transformation function to obtain a
two dimensional transform matrix; deriving a set of distance
values which represent distances between templates of a set

of predetermined templates and the two dimensional trans-
form matrix. the distance values which are derived being
identified by indexes which identify the templates of the set
of predetermined templates; comparing the set of distance
values which are derived and selecting therefrom an index
which corresponds to a template of the set of predetermined

templates which has a shortest distance of the set of distance
values derived; and transmitting the index which corre-

sponds to the template of the set of predetermined templates
which has the shortest distance selected. In accordance with

a first aspect of the present invent, there 1s provided an
asymmetric voice compression processor which processes a
voice message to provide a low bit rate speech transmission.
The asymmetric voice compression processor comprises an
input speech processor, a signal processor and a transmitter.
The input speech processor processes the voice message to

generate digitized speech data. The signal processor is
programmed to generate speech parameters from the digi-

tized speech data; arrange the speech parameters into a two
dimensional parameter matrix which comprises a sequence
of parameter frames; transform the two dimensional param-
eter matrix using a predetermined two dimensional matrix
transformation function to obtain a two dimensional trans-
form matrix; derive distance values which represent dis-
tances between templates of a set of predetermined tem-
plates and the two dimensional transform matrix, the
distance values identified by indexes correspond to the
templates of the set of predetermined templates; and com-
pare the distance values which are derived to select there-
from an index which corresponds 1o a template of the set of
predetermined templates which has a shortest distance of the
distance values derived. The transmitter transmits the index
which cormresponds to the template of the set of predeter-
mined templates which has the shortest distance selected.

In accordance with a second embodiment of the present
invention, there is provided a method for processing a low
bit rate speech transmission to provide a voice message. The
method comprises the steps of. receiving one or more
indexes which correspond to one or more templates of a set
of predetermined templates, generating an array of speech
parameters from the one or more templates which corre-
spond to the one or more indexes received. processing the
array of speech parameters to generate decompressed digital
speech data. and generating a voice message from the
decompressed digital speech data.

In accordance with a second aspect of the present
invention, there is provided a communication device which
receives a low bit rate speech transmission to provide a voice
message. The communication device comprises a receiver
which receives one or more indexes which correspond to
one or more templates of a set of predetermined templates.
a signal processor which is programmed to generate an array
of speech parameters from the one or more templates
corresponding to the one or more indexes received, a speech
synthesizer which processes the array of speech parameters
and generates decompressed digital speech data, and a
converter which generates the voice message from the
decompressed digital speech data.

In accordance with a third embodiment of the present
invention, there is provided a method for processing a voice
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message to provide a low bit rate speech transmission. The
method comprises the steps of receiving an entire voice
message. processing the entire voice message to derive
therefrom a sequence of indexes which identify a sequence
of predetermined templates representing a speech parameter
matrix. and transmitting the sequence of indexes.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram of a communication system
utilizing a digital voice compression process in accordance
with the present invention.

FIG. 2 is a electrical block diagram of a paging terminal
and associated paging transmitters utilizing the digital voice
compression process in accordance with the present inven-
tion.

FIG. 3 is a flow chart showing the operation of the paging
terminal of FIG. 2.

FIG. 4 is a flow chart showing the operation of a digital
signal processor utilized in the paging terminal of FIG. 2.

FIG. § is diagram illustrating a portion of the digital voice
compression process utilized in the digital signal processor
of FIG. 4.

FIG. 6 is a diagram illustrating details of the digital voice
compression process utilized in the digital signal processor
of FIG. 4.

FIG. 7 is a diagram illustrating details of an alternate
digital voice compression process utilized in the digital
signal processor of FIG. 4.

FIG. 8 is an electrical block diagram of the digital signal
processor utilized in the paging terminal of FIG. 2.

FIG. 9 is a diagram illustrating the compressed voice
transmission format in accordance with the present inven-
tion.

FIG. 10 is a clectrical block diagram of a paging receiver
utilizing the digital voice compression process it accordance
with the present invention.

FIG. 11 is a electrical block diagram of the digital signal
processor used in the paging receiver of FIG. 14.

FIG. 12 is a flow chart showing the operation of the
paging receiver of FIG. 10.

FIG. 13 is a flow chart showing the digital voice data
decompression procedure utilized in the paging receiver of
F1G. 10.

FIG. 14 is a diagram iilustrating details of the digital voice
decompression process utilized in the digital signal proces-
sor of FIG. 11.

FIG. 15 is a diagram illustrating details of an alternate

digital voice de-compression process utilized a pre-
processed code book

FIG. 16 is a diagram illustrating details of an alternate
digital voice de-compression process utilized a segmented

code book.

DESCRIPTION OF A PREFERRED
EMBODIMENT

FIG. 1 shows a block diagram of a communications
system. such as a paging system, utilizing very low bit rate
speech transmission using asymmetric voice compression
processing in accordance with the present invention. The
asymmetric voice compression processing of the present
invention uses a 32-bit BCH code word to represent a very
long segment of speech. typically 320 to 480 milliseconds as
will be described below. Using conventional telephone tech-
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4

niques 32 bits would represent a 0.5 millisecond segment of
speech. The digital voice compression process is adapted to
the non-real time nature of paging and other non-real time
communications systems which provide the time required to
perform a highly computational intensive process on very
long voice segments. In a non-real time communications
there is sufficient time to receive an entire voice message and
then process the message. Delay of two minutes can readily
be tolerated in paging systems where delays of two seconds
are unacceptable in real time communication systems. The
asymmetric nature of the digital voice compression process
minimizes the processing required to be performed in a
portable communication device. such as a pager, making the
process ideal for paging applications and other similar
non-real time voice communications. The highly computa-
tional intensive portion of the digital voice compression
process is performed in a fixed portion of the system and as
a result little computation is required to be performed in the
portable portion of the system as will be described below.

By way of example. a paging system will be utilized to
describe the resent invention, although it will be appreciated
that other non-real time communication systems will benefit
from the present invention as well. A paging system is
designed to provide service to a variety of users each
requiring different services. Some of the users will require
numeric messaging services, other users alpha-numeric mes-
saging services, and still other users may require voice
messaging services. In the paging system. the caller origi-
nates a page by communicating with a paging terminal 106
via a telephone 102 through the public switched telephone
network (PSTN) 104. The paging terminal 106 prompts the
caller for the recipient’s identification. and a message to be
sent. Upon receiving the required information. the paging
terminal 106 returns a prompt indicating that the message
has been received by the paging terminal 106. The paging
terminal 106 encodes the message and places the encoded
message in a transmission queue. At an appropriate time, the
message is transmitted by the paging transmitter 108 using
a transmitter 108 and a transmitting antenna 110. It will be
appreciated that in a simulcast transmission system. a mul-
tiplicity of transmitters covering a different geographic areas
can be utilized as well.

The signal transmitted from the transmitting antenna 110
is intercepted by a receiving antenna 112 and processed by
a communications device 114, shown in FIG. 1 as a paging
receiver. The person being paged is alerted and the message
is displayed or annunciated depending on the type of mes-
saging being employed.

An electrical block diagram of the paging terminal 106
and the paging transmitter 108 utilizing the digital voice
compression process in accordance with the present inven-
tion is shown in FIG. 2. The paging terminal 106 shown in
FIG. 2 is of a type that would be used to serve a large number
of simultaneous users, such as in a commercial Radio
Common Carrier (RCC) system. The paging terminal 196
utilizes a number of input devices, signal processing devices
and output devices controlled by a controller 216. Commu-
nications between the controller 216 and the various devices
that compose the paging terminal 106 are handled by a
digital control buss 210. Communication of digitized voice
and data is handled by an input time division multiplexed
highway 212 and an output time division multiplexed high-
way 218. It will be appreciated that the digital control buss
2106, input time division multiplexed highway 212 and
output time division multiplexed highway 218 can be
extended to provide for expansion of the paging terminal
106.
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The input speech processor 205 provides the interface
between the PSTN 104 and the paging terminal 106. The
PSTN connections can be either a plurality of multi-call per
line multiplexed digital connections shown in FIG. 2 as a
digital PSTN connection 202 or plurality of single call per
line analog PSTN connections 208.

Each digital PSTN connection 202 is serviced by a digital
telephone interface 204. The digital telephone interface 204
provides the necessary signal conditioning. synchronization.
de-multiplexing. signaling, supervision. and regulatory pro-
tection requirements for operation of the digital voice com-
pression process in accordance with the present invention
The digital telephone interface 204 can also provide tem-
porary storage of the digitized voice frames to facilitate
interchange of time slots and time slot alignment necessary
to provide an access to the input time division multiplexed
highway 212. As will be described below request for service
and supervisory responses are controlled by a controller 216.
Communications between the digital telephone interface
204 and the controller 216 passes over the digital control
buss 210.

Each analog PSTN connection 208 is serviced by an
analog telephone interface 206. The analog telephone inter-
face 206 provides the necessary signal conditioning.
signaling. supervision. analog to digital and digital to analog
conversion. and regulatory protection requirements for
operation of the digital voice compression process in accor-
dance with the present invention. The frames of digitized
voice messages from the analog to digital converter 207 are
temporary stored in the analog telephone interface 206 to
facilitate interchange of time slots and time slot alignment
necessary to provide an access to the input time division
multiplexed highway 212. As will be described below
request for service and supervisory responses are controlied
by a controller 216. Communications between the analog

telephone interface 206 and the controller 216 passes over
the digital control buss 210.

When an incoming call is detected. a request for service
is sent from the analog telephone interface 206 or the digital
telephone interface 204 to the controller 216. The controller
216 selects a digital signal processor 214 from a plurality of
digital signal processors. The controller 216 couples the
analog telephone interface 206 or the digital telephone
interface 204 requesting service to the digital signal proces-
sor 214 selected via the input time division multiplexed
highway 212.

The digital signal processor 214 can be programmed to
perform all of the signal processing functions required to
complete the paging process. Typical signal processing
functions performed by the digital signal processor 214
include digital voice compression in accordance with the
present invention. dual tone multi frequency (DTME)
decoding and generation, modem tone generation and
decoding, and prerecorded voice prompt generation. The
digital signal processor 214 can be programmed to perform
one or more of the functions described above. In the case of
a digital signal processor 214 that is programmed to perform
more then one task, the controller 216 assigns the particular
task needed to be performed at the time the digital signal
processor 214 is selected, or in the case of a digital signal
processor 214 that is programmed to perform only a single
task, the confroller 216 selects a digital signal processor 214
programmed to perform the particular function needed to
complete the next step in the paging process. The operation
of the digital signal processor 214 performing dual tone
multi frequency (DTMF) decoding and generation, modem
tone generation and decoding, and prerecorded voice prompt
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geperation is well known to one of ordinary skill in the art.
The operation of the digital signal processor 214 performing
the function of an very low bit rate asymmetric voice
compression processor is described in detail below.

The processing of a page request. in the case of a voice
message. proceeds in the following manner. The digital
signal processor 214 that is coupled to an analog telephone
interface 206 or a digital telephone interface 204 then
prompts the originator for a voice message. The digital
signal processor 214 compresses the voice message received
using a process described below. The compressed digital
voice message generated by the compression process Is
coupled to a paging protocol encoder 228. via the output
time division multiplexed highway 218, under the control of
the controller 216. The paging protocol encoder 228 encodes
the data into a suitable paging protocol. One such protocol
which is described in detail below is the Post Office Com-
mittee Standard Advisory Group (POCSAG) protocol. It
will be appreciated that other signaling protocols can be
utilized as well. The controller 216 directs the paging
protocol encoder 228 to store the encoded data in a data
storage device 226 via the output time division multiplexed
highway 218. At an appropriate time. the encoded data is
downloaded into the transmitter control unit 220, under
control of the controller 216. via the output time division
multiplexed highway 218 and transmitted using the paging
transmitter 108 and the transmitting antenna 110.

In the case of numeric messaging. the processing of a
page request proceeds in a manner similar to the voice
message page with the exception of the process performed
by the digital signal processor 214. The digital signal
processor 214 prompts the originator for a DTMF message.
The digital signal processor 214 decodes the DTMF signal
received and generates a digital message. The digital mes-
sage generated by the digital signal processor 214 is handled
in the same way as the digital voice message generated by
the digital signal processor 214 in the voice messaging case.

The processing of an alpha-numeric page proceeds 1In a
manner similar to the voice message with the exception of
the process performed by the digital signal processor 214.
The digital signal processor 214 is programmed to decode
and generate modem tones. The digital signal processor 214
interfaces with the originator using one of the standard user
interface protocols such as the Page entry terminal (PET)
protocol. It will be appreciated that other communications
protocols can be utilized as well. The digital message
generated by the digital signal processor 214 is handled in
the same way as the digital voice message generated by the
digital signal processor 214 in the voice messaging case.

FIG. 3 is a flow chart which describes the operation of the
paging terminal 106 shown in FIG. 2 when processing a
voice message. There are shown two entry points into the
fiow chart 300. The first entry point is for a process asso-
ciated with the digital PSTN connection 202 and the second
entry point is for a process associated with the analog PSTN
connection 208. In the case of the digital PSTN connection
202, the process starts with step 302, receiving a request
over a digital PSTN line. Requests for service from the
digital PSTN connection 202 are indicated by a bit pattern
in the incoming data stream. The digital telephone interface

204 receives the request for service and communicates the
request to the controller 216.

In step 304, information received from the digital channel
requesting service is separated from the incoming data
stream by digital frame de-multiplexing. The digital signal
received from the digital PSTN connection 262 typically
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includes a plurality of digital channels multiplexed into an
incoming data stream. The digital channels requesting ser-
vice are de-multiplexed and the digitized speech data is then
stored temporary to facilitate time slot alignment and mul-
tiplexing of the data onto the input time division multiplexed
highway 212. A time slot for the digitized speech data on the
input time division multiplexed highway 212 is assigned by
the controller 216. Conversely. digitized speech data gener-
ated by the digital signal processor 214 for transmission to
the digital PSTN connection 202 is formatted suitably for
transmission and multiplexed into the outgoing data stream.

Similarly with the analog PSTN connection 208, the
process starts with step 306 when a request from the analog
PSTN line 1s received. On the analog PSTN connection 208.
incoming calls are signaled by either low frequency AC
signals or by DC signaling. The analog telephone interface
206 receives the request and communicates the request to
the controller 216.

In step 308. the analog voice message is converted into a
digital data stream. The analog signal received over its total
duration is referred to as the analog voice message. The
analog signal is sampled. generating voice message samples
and digitized, generating digitized speech samples, by the
analog to digital converter 207. The samples of the analog
signal are referred to as voice message samples. The digi-
tized voice samples are referred to as digitized speech data.
The digitized speech data is multiplexed onto the input time
division multiplexed highway 212 in a time slot assigned by
the controller 216. Conversely any voice data on the input
time division multiplexed highway 212 that originates from
the digital signal processor 214 undergoes a digital to analog
conversion before transmission to the analog PSTN connec-
tion 208.

As shown in FIG. 3. the processing path for the analog
PSTN connection 208 and the digital PSTN connection 202
converge in step 310, when a digital signal processor is
assigned to handle the incoming call. The controller 216
selects a digital signal processor 214 programmed to per-
form the digital voice compression process. The digital
signal processor 214 assigned reads the data on the input
time division multiplexed highway 212 in the previously
assigned time slot.

The data read by the digital signal processor 214 is stored
for processing. in step 312, as uncompressed speech data.
The stored uncompressed speech data is processed in step
314. which will be described in detail below. The com-
pressed voice data derived from the processing step 314 is
encoded suitably for transmission over a paging channel. in
step 316, as will be described below. In step 318, the
encoded data is stored in a paging queue for later transmis-
sion. At the appropriate time the queued data is sent to the
transmitter 108 at step 320 and transmitted. at step 322.

The digital voice compression process of the present
invention analyzes very long segments of speech data to
obtain a very high degree of compression. FIG. 4 is a flow
chart, detailing step 314 showing the operation of a digital
signal processor utilized in the paging terminal of FIG. 2
while processing the digitized speech data. The digitized
speech data 402 that was previously stored in the digital
signal processor 214 as uncompressed voice data is analyzed
at step 404 and the gain normalized. The amplitude of the
digital speech message is adjusted on a syllabic basis to fully
utilize the dynamic range of the system and improve the
apparent signal to noise performance.

The normalized uncompressed speech data is grouped
into a predetermined number of digitized speech samples
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which represent short duration segments of speech in step
406. The grouped speech samples represent short duration
segments of speech is referred to herein as generating speech
frames. Typically the groups contain twenty to thirty milli-
seconds of speech data. In step 408, a speech analysis is
performed on the short duration segment of speech to
generate speech parameters. The speech analysis process is
typically a linear predictive code (LPC) process. The LPC
process analyses the short duration segments of speech and
calculates a number of parameters. There are many different
speech analysis processes known. It will be apparent to one
of ordinary skill in the art which speech analysis method will
best meet the requirement of the system being designed. The
digital voice compression process described herein prefer-
ably calculates thirteen parameters. The first three param-
eters quantize the total energy in the speech segment. a
characteristic pitch value, and voicing information. The
remaining ten parameters are referred to as spectral param-
eters and basically represent coefficients of a digital filter. In
the preferred embodiment of the present invention each of
the parameters is quantized using an eight bit digital word.
although it will be appreciated the other quantization levels
can be utilized as well.

In step 410 stacks the thirteen parameters calculated in
step 408 are stacked into a two dimensional parameter
matrix. or parameter stack which comprise a sequence of
parameter frames. The thirteen parameters occupy one row
of the matrix and are referred to herein as a speech parameter
frame. In step 412, segments of the two dimensional speech
data matrix are segmented into arrays of a predetermined
number of parameter frames. Each array has typically eight
to thirty two frames. It will become appreciated that the
larger the array, the more intensive will the computational
steps to be described below becomes. The current state of the
digital signal processor art and the economics involved in
the current paging market suggest an array of eight speech
parameter frames is optimum for periods of dynamic speech.
An array of sixteen or more speech parameter frames can be
utilized for periods of less dynamic speech or quict, however
for purposes of description an array of eight speech param-
eter frames will be used. The arrays of speech parameter
frames represent the very long voice segment referred to at
the beginning of this specification. The very long voice
segment contains by way of example eight frames, each
containing twenty to thirty milliseconds of speech data or a
160 to 240 milliseconds segment of the analog voice mes-
sage.

In step 414, a mathematical transform process, using a
predetermined two dimensional matrix transformation
function, is applied to each arrays of speech parameter
frames. The transform process transforms the arrays of
speech parameter frames into a two dimensional trans-
formed array. The two dimensional transformed array is an
array of parameters that are arranged in order of importance.
The mathematical process utilized is preferably a two
dimensional discrete cosine transform function, although it
will be appreciated that other transforms that can be used to
produce transformed arrays as well.

In step 416. the two dimensional transformed array is
compared with a set of predetermined templates also
referred to as voice templates. The set of predetermined
templates is referred to herein as a code book. It will be
shown below in a different embodiment of the present
invention that the code book can contain two or more sets of
templates. A typical code book for a paging application
having one set of templates will have by way of example
between five hundred twelve to one thousand twenty four
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templates. The matrix quantization function compares the
two dimensional transformed array with each template in the
code book and calculates a weighted distance between the
code book and each template. The weighted distance 1s also
referred to herein as a distance values. The index 420 of the
template having a shortest distance to the two dimensional
transformed array is selected to represent the very long
segments of speech as will be described in further detail
below. The distance values which are derived being identi-
fied by indexes identifying the templates of the set of
predetermined templates.

The index 420 selected in step 416 is encoded nto a
predetermined signaling protocol for transmission over the
paging channel. As will be described in further detail below.
two indexes can be encoded into one code word of the
protocol utilized in the present invention. Step 408 through
416 arc repeated until all of the very long segments of
speech have been quantized as an indexes.

FIG. 5 is diagram illustrating the digital voice compres-
sion process utilized in the digital signal processor of FIG.
4. The two dimensional speech data matrix discribed in step
410 is shown as the two dimensional parameter matrix 502.
The two dimensional parameter matrix 502 has one row for
each speech parameter frame generated in step 408. A
bracket 504 encloses eight parameter frames forming an

array of speech parameters. The predetermined two dimen-
sional matrix transform function described in step 414

transforms the array of speech parameters into the two
dimensional transformed array 506. The two dimensional
transformed array 506 is labeled to illustrates how the
transformed data is arranged in order of significance, with
the most significant data stored in the upper left hand corner
of the two dimensional transformed array 506 and the least
significant data stored in the lower right hand corner of the
two dimensional transformed array 506.

FIG. 6 is a diagram illustrating the processes performed
for matrix quantization in step 416. The two dimensional
transformed array 506 is illustrated having reference iden-
tifiers which are designated a, ; where the “a” designates the
two dimensional transformed array, the subscript “1” desig-
nates the row of the array, and the subscript “j” designates
the column of the array. A code book 604 is shown as an
array “b” having a plurality of pages. “k”, where the pages
are numbered from k=0 to k=n. Each page of the code book
is a two dimensional array representing one voice
template. The cells of the code book arc designated
b(k),; where the “b(k)” designates the code book and the
page, the subscript “i” designates the row of the array on
page b(k), and the subscript “j” designates the column of the

array on page b(k).

The distance calculation performed in step 416 is a
process of subtracting the value in a cell in a template for
each page b(k) in the code book 604 from a value in the
corresponding cell in the two dimensional transformed array
506. squaring the result, multiplying the squared result by a
weighting value in a corresponding cell of a predetermined
weighting array 606, and repeating this process until the
process has been performed on every cell in the three arrays.
The distance between the two dimensional transformed
array 506 and the template page b(k) is the sum of the
weighted squared results of the previous calculations. This
statistic distance is stored in a distance array 619. (d,) at a
location “k” corresponding to the page number b(k) or index
of the template. The distance calculation described above
can be shown as the following formula:
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dy = T wiflay; — b(k)i¥
L}

where:
d, equals the distance between the two dimensional
transformed array 506 and the template page b(k).
w, ; equals the weighting value in a cell 1.j of a predeter-
mined weighting array 600.

a;; equals the value in cell i, of the two dimensional

transformed array 506. and

b(k), ; equals the value in cell i,j of the code book 604.

After the distance between the two dimensional trans-
formed array 506 and all of the templates for each page b(k)
in the code book 604 have been calculated. the distance
array 610, is scarched for the cell having the shortest
distance. The index of the cell having the shortest distance.
corresponding to the page b(k) in the code book 604, is
stored in the index array 612. In the present invention. the
index is a ten bit code word representing one page of the one
thousand twenty four pages or templates that compose the
code book 604 b(k). and represents speech parameter array
enclosed by bracket S04 which represents a very long voice
segment as described above. By using a series of these
indexes to point to duplicate templates stored in a code book
in the communications device 114 the original voice mes-
sage can be essentially replicated without intensive process-
ing as will be described below.

The discrete cosine transform process is well known to
one skilled in the art of digital signal processing and speech
compression. The generation of the code books evolves a
training process and this process is also well known one
skilled in the art. The weighting array is generated by a
empirical process involving a s series of trial weighting
arrays and listening test.

An alternate embodiment of the present invention is
shown in FIG. 7. Here the two dimensional transformed
array 506 has been segmented into two segments of unequal
size. segment I 701. and segment II 702. although it will be
appreciated that under certain conditions the two segments
can be of equal size as well. The smaller segment, segment
I 701 represents the more significant data, and the larger
segment, segment II 702 represents the less significant data.
The code book 604 is segmented into two corresponding
segments, identified as template set I 703 and template set I
704. In a similar manner, template set II 704. represents the
less significant data and has fewer templates than template
set I 703. The weighting array 602 is similarly segmented
into segment 1 705, and segment II 706. The distances
between segment I 701 of the two dimensional transformed
array 506 and all of the templates of template set 1703 of the
code book 604 are calculated using the weighted array
calculation 608 and the predetermined weighting array 606
segment I 705 as described above. The distances are stored
in a first column of a distance array 710. In a like manner the
distances between segment II 702 of the two dimensional
transformed array 506 and all of the templates of template
set I 704 of the code book 604 are calculated and stored in
a second column of the distance array 710 as described
above. When all of the distances have been calculated.
column I of the distance array 710 is searched for the index
representing the template of template set I 703 of the code
book 604 having the shortest distance to segment I 701 of
the two dimensional transformed array 506. Similarly col-
umn II of the distance array 710 is searched for the index
representing the template of template of template set II 704
of the code book 604 having the shortest distance to segment
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IT 702 of the two dimensional transformed array 506. The
index from column I and column II form a code word
representing the very long voice segment. as described
above. and is stored in the index array 712. Segment I 702
of the two dimensional transformed array 506 is also
referred to herein as a second set of predetermined tem-
plates. While the segmentation of the two dimensional
transtormed array 506 lengthens the code word, such seg-
mentation also improves voice quality and reduces the
computational effort. It will be appreciated that further
segmentation will further improve voice quality and further
reduce computational time at the expense of more data to be
transmitted.

In another embodiment of the present invention, more
than one code book 604 can be provided to better represent
different speakers. For example. one code book can be used
to represent a female speaker’s voice and a second code
book can be used to represent a male speaker’s voice. It will

be appreciated that additional code books reflecting lan-
guage differentiation, such as Spanish. Japanese. etc. can be
provided as well. When muiltiple code books are utilized.,
different PSTN telephone access numbers can be used to
differentiate between different languages. Each unique
PSTN access number is associated with group of PSTN
connections and each group of PSTN connections corre-
sponds to a particular language and corresponding code
books. When unique PSTN access number are not used, the
user can be prompted to provide information by enter a
predetermined code, such as a DTMF digit. prior to entering
a voice message., with each DTMF digit corresponding to a
particular language and corresponding code books. Once the
languages of the originator is identified by the PSTN line
used or the DTMF digit received, the digital signal processor
214 selects a predetermined code book corresponding to the
predetermined language from a set of predetermined code
books corresponding to a set of predetermined languages
which are stored in the digital signal processor 214. All
voice prompts there after can be given in the language
identified. The input speech processor 208 receives the
information identifying the language and transfers the infor-
mation to the appropriate digital signal processor 214.
Alternatively the digital signal processor 214 can analyze
the digital speech data to determine the language or dialect
and selects an appropriate code book.

Code book identifiers are used to identify the code book
that was used to compress the voice message. The code book
identifiers are encoded along with the series of indexes and
sent to the communications device 114 as will be described
below. An alternate method of conveying the code book
tdentity is to add a header, identifying the code book. to the
message containing the index data.

In yet a further embodiment of the present invention, the
number of speech parameters that are segmented into arrays
of speech parameters in step 412 is not fixed as described
above, but represents a variable number of parameter frames
corresponding to the two dimensional parameter matrix. As
previously stated above, an array of eight speech parameter
frames is optimum for periods of dynamic speech and an
array of sixteen or more speech parameter frames would be
considered optimum for periods of less dynamic speech or
silence. In this embodiment. an analysis of the two dimen-
sional speech data matrix is performed and used to deter-
mine the number of frames that will compose the speech
parameter array enciosed by bracket 504. Additional code
books having suitable templates can be added for use during
periods when an alternate number of frames is selected. The
number of frames selected is encoded with the data that is
transmitted to the communications device 114,
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FIG. 8 shows an electrical block diagram of the digital
signal processor 214 utilized in the paging terminal 106
shown in FIG. 2. A processor 804, such as one of several
standard commercial available digital signal processor ICs
specifically designed to perform the computations associ-
ated with digital signal processing. is utilized. Digital signal
processor ICs are available from several different
manufactures, such as a DSP56100 manufactured by
Motorola Inc. The processor 804 is coupled to a ROM 806,
a RAM 810, a digital input port 812, a digital output port
814, and a control buss port 816, via the processor address
and data buss 808, The ROM 806 stores the instructions used
by the processor 804 to perform the signal processing
function required for the type of messaging being used and
control interface with the controller 216. The ROM 806
contains the instructions used to perform the functions
associated with compressed voice messaging. The RAM 810
provides temporary storage of data and program variables.
the distance array 610. the index array 612. the input voice
data buffer, and the output voice data buffer. The digital
input port 812 provides the interface between the processor
804 and the input time division multiplexed highway 212
under control of a data input function and a data output
function. The digital output port provides an interface
between processor 804 and the output time division multi-
plexed highway 218 under control of the data output func-
tion. The control buss port 816 provides an interface
between the processor 804 and the digital control buss 219.
A clock 802 generates a timing signal for the processor 804.

The ROM 806 contains by way of example the following:
a controller interface function routine. a data input function
routine, a gain normalization function routine. a framing
function routine, a short term prediction function routine, a
parameter stacking function routine. s two dimensional
segmentation function routine, a two dimensional transform
function routine, a matrix quantization function routine, a
data output function routine, one or more code books. and
the matrix weighting array as described above. RAM 810
provides temporary storage for the program variables, an
input voice buffer, and an output voice buffer.

FIG. 9 shows a typical POCSAG frame 900 utilized in the
POCSAG signaling format which is adapted to encoded two
ten bit indexes as described above. Table 1. shown below,
describes by way of example the allocation of each bit as
utilized to convey digital compress voice in accordance with
the present invention. Each POCSAG frame 900 has twenty
two bits that are use to convey information. two, ten bit code
words and two function bits. Each ten bit code word is
capable of specifying one of up to one thousand twenty four
different possible code book indexes. The first function bit,
as shown in Table I below. is a segment size identifier used
to define the size of the speech segment compressed. Func-
tion bit one indicates whether eight or sixteen frames of
speech parameters were segmented into arrays of speech
parameters in step 412. The second function bit is a code
book identifier used to identify the code book used to
compress the voice message. The remainder of the bits are
parity bits used for error detection and correction as is well
known in the art.

The advantages of the present invention can be shown by
way of the following example. The total transmission time
for the POCSAG frame 900 at 1200 bit per second (bps) is
26.7 milliseconds (ms) and at 2400 bps the time is reduced
to 13.3 ms. In a specific embodiment of the present invention
the POCSAG frame 900 includes two indexes of the index
array 612 representing two 240 ms segments of speech. Thus
in accordance with this specific embodiment of the present
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invention 480 ms of speech is transmitted in 13.3 ms. a time
compression ratio of 40 to 1. A data compression ratio can
also be calculated for this example.

Conventional telephone techniques encode speech at a
rate of 64 kilobits per second. At this rate 480 ms of speech
would requires 30,720 bits. The same 480 ms of speech can
be transmitted using the present invention with 32 bits,
yielding a data compression ratio of 960 to .

The resulting data is suitable for a very low bit rate speech
transmission compared to the bit rate of conventional tele-
phone techniques. It will be appreciated that the previously
described parameters used in the compression process can
be changed and will result in different compression ratios
and different speech qualities.

TABLE 1
BIT FUNCTION
i Bit 1 = O, Address Frame; Bit 1 = 1, Data Frame
2~11 First 10 Bit Data Word, Code Book Index
12~21 Second 10 Bit Data Word, Code Book Index
22 Function Bit = O, 8 Voice Frames Per Array
Function Bit = 1, 16 Voice Frames Per Array
23 Function Bit = Q, Code Book One
Function Bit = 1, Code Book Two
24~31 9 Bit Parity Word
32 Frame Panty Bit

FIG. 10 is an electrical block diagram of the communi-
cations device 114 such as a paging receiver. The signal
transmitted from the transmitting antenna 110 is intercepted
by the receiving antenna 112. The receiving antenna 112 is
coupled to a receiver 1004. The receiver 1004 processes the
signal received by the receiving antenna 112 and produces a
receiver output signal 1016 which is a replica of the encoded
data transmitted. The encoded data is encoded in a prede-
termined signaling protocol, such as a POCSAG protocol. A
digital signal processor 1008 processes the receiver output
signal 1016 and produces a decompressed digital speech
data 1018 as will be described below. A digital to analog
converter converts the decompressed digital speech data
1018 to an analog signal that is amplified by the audio
amplifier 1012 and annunciated by speaker 1014.

The digital signal processor 1008 also provides the basic
control of the various functions of the communications
device 114. The digital signal processor 1008 is coupled to
a battery saver switch 1006, a code memory 1022, a user
interface 1024. and a message memory 1026, via the control
buss 1028. The code memory 1022 stores unique 1dentifi-
cation information or address information, necessary for the
controller to implement the selective call feature. The user
interface 1024 provides the user with an audio, visual or
mechanical signal indicating the reception of a message and
can also include a display and push buttons for the user to
input commands to control the receiver. The message
memory 1026 provides a place to store messages for future
review., or to allow the user to repeat the message. The
battery saver switch 1906 provide a means of selectively
disabling the supply of power to the receiver during a period
when the system is communicating with other pagers or not
transmitting, thereby reducing power consumption and
extending battery life in a manner well known to one
ordinarily skilled in the art. FIG. 11 shows an clectrical
block diagram of the digital signal processor 1008 used in
the communications device 114. The processor 1104 is
similar to the processor 804 shown in FIG. 8. However
because the quantity of computation performed when
decompressing the digital voice message is much less then

10

15

20

25

30

35

45

33

65

14

the amount of computation performed during the compres-
sion process. and the power consumption is critical in
portable paging receiver. the processor 1104 can be a slower,
lower power version. The processor 1104 is coupled to a
ROM 1106. a RAM 1108, a digital input port 1112. a digital
output port 1114, and a control buss port 1116, via the
processor address and data buss 1110. The ROM 1106 stores
the instructions used by the processor 1164 to perform the
signal processing function required to decompress the mes-
sage and to interface with the control buss port 1116. The
ROM 1106 contains the instruction to perform the functions
associated with compressed voice messaging. The RAM
1108 provides temporary storage of data and program vari-
ables. The digital input port 1112 provides the interface
between the processor 1104 and the receiver 1004 under
control of the data input function. The digital output port
1114 provides the interface between the processor 1104 and
the digital to analog converter under control of the output
control function. The control buss port 1116 provides an
interface between the processor 1104 and the control buss
1020. A clock 1102 generates a timing signal for the pro-
cessor 1104.

The ROM 1106 contains by way of example the follow-
ing: a receiver control function routine, a user interface
function routine, a data input function routine. a POCSAG
decoding function routine, a code memory interface function
routine, an address compare function routine, a
de-quantization function routine. am inverse two dimen-
sional transform function routine. a message memory inter-
face function routine. a speech synthesizer function routine,
an output control function routine and one or more code
books as described above.

FIG. 12 is a flow chart which describes the operation of
the communications device 114. In step 1202, the digital
signal processor 1008 sends a command to the battery saver
switch 1006 to supply power to the receiver 1004. The
digital signal processor 1008 monitors the receiver output
signal 1016 for a bit pattern indicating that the paging
terminal is transmitting a signal modulated with a POCSAG
preamble.

In step 1204, a decision is made as to the presence of the
POCSAG preamble. When no preamble is detected, then the
digital signal processor 1008 sends a command to the battery
saver switch 1006 inhibits the supply of power to the
receiver for a predetermined length of time. After the
predetermined length of time, at step 1202, monitoring for
preamble is again repeated as is well known in the art. In
step 1206, when a POCSAG preambile is detected the digital
signal processor 1008 will synchronize with the receiver
output signal 1016.

When synchronization is achieved, the digital signal
processor 1008 may issue a command to the battery saver
switch 1006 to disable the supply of power to the receiver
until the frame assigned to the communications device 114
is expected. At the assigned frame, the digital signal pro-
cessor 1008 sends a command to the battery saver switch
1006. to supply power to the receiver 1004. In step 1208, the
digital signal processor 1008 monitors the receiver output
signal 1016 for an address that matches the address assigned

to the communications device 114. When no match is found
the digital signal processor 1008 send a command to the

battery saver switch 1006 to inhibit the supply of power to
the receiver until the next transmission of a synchronization
code word or the next assigned frame. after which step 1202
is repeated. When an address match is found then in step
1210, power is maintained to the receive and the data is
received.
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In step 1212. error correction can be performed on the
data received in step 1210 to improve the quality of the voice
reproduced. The nine parity bits shown in the POCSAG
frame 900 are used in the error correction process. POCSAG
error correction techniques are well known to one ordinarily
skilled in the art. The corrected data is stored in step 1214.
The stored data is processed in step 1216. The processing of
digital voice data is a decompression process to be described
below.

In step 1218, the digital signal processor 1008 stores the
decompressed voice data. received as one or more indexes
in the message memory 1026 and send a cornmand to the
user interface to alert the user. In step 1220, the user enters
a command to play out the message. In step 1222, the digital
signal processor 1008 responds by passing the decom-
pressed voice data that 1s stored in message memory to the
digital to analog converter 1010. The digital to analog
converter 1010 converts the decompressed digital speech
data 1018 to an analog signal that is amplified by the audio
amplifier 1012 and annunciated by speaker 1014.

FIG. 13 is a flow chart showing an overview of the digital
voice decompression process. In step 1304, paging protocol
decoder, receives data encoded with the series of indexes
corresponding to one or more templates of a set of prede-
termined templates. which represent the digital speech mes-
sage. The indexes are extracted from the POCSAG encoded
data 1302 received. and then stored. In step 1306. the stored
indexes are used to find the corresponding template in a code
book stored in the digital signal processor 1008 ROM.

In step 1308. an inverse two dimensional transform is
performed on the template in the code book pointed at by the

indexed index extracted from the POCSAG encoded data
received using a predetermined inverse matrix transforma-

tion function. The inverse two dimensional transform gen-
erates an array of LPC speech parameters representing the
original speech parameters. The predetermined inverse two
dimensional transform process utilized is preferably a
inverse two dimensional discrete cosine transform process,
although it will be appreciated that other transforms that can
be used to produce array of LPC speech parameters as well.

In step 1319, the LPC parameters are used to generate the
speech data 1312. The recovered message data is stored in
RAM 1108 for digital to analog conversion and annunciated
upon request of the user.

FIG. 14 is a diagram illustrating the step of the voice
decompressed process shown in FIG. 13. The indexes
received and stored in step 1304 are stored in a index array
1402. Each index in index array 1402 points at a page in
code book 604. The code book 604 is comprised of a
duplicate set of predetermined templates that duplicate the
templates that were used in the compression process. The
indexes stored in the index array 1402 are selected one at a

time in the order in which they were received. A inverse two
dimensional transform 1308 is performed, using a predeter-
mined inverse matrix function. on each page in the code
book that is pointed at by the selected index. The inverse two
dimensional transform 1308 produces a two dimensional
array of speech parameters 1408. The parameters are LPC
speech parameters and are used by the speech data synthe-
sizer in step 1310 to generates speech data 1312. The
predetermined inverse matrix function is preferably a
inverse two dimensional discrete cosine function.

One or more code books corresponding to one or more
predetermined languages can be stored in the ROM 1106.

The appropriate code book will be selected by the digital
signal processor 1008 based on the identifier encoded with

the received data in the receiver output signal 1016.
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In an alternate embodiment of the present invention
shown in FIG. 13, the digital signal processing required in
the receiving process is reduced by pre-processing the
templates stored in the code book 604. The templates in the
code book 604 are essentially the same size as the arrays of
LPC parameters that result from the inverse two dimensional
transtorm being performed on the templates. Since the
resulting arrays of L PC parameter are essentially the same
size as the original templates. the code book 604 containing
templates is replaced with a code book 1504 containing the
arrays of LPC parameter. In so doing the inverse two
dimensional transform is performed only once during devel-
opment and does not have to be repeated while processing
each voice message segment. The two dimensional array of
speech parameters 1408 is produced by simply copying a
page of the code book 1504.

FIG. 16 is a diagram illustrating the step of the segmented
voice decompressed process associated with the alternate
embodiment illustration FIG. 7. The index array 1602 has
two indexes stored for each segmented page. The first index

selects a template of template set 1703 corresponding to the
first segment compressed during the compression process.
The second index selects a template of template set II 704
corresponding to the second segment compressed during the
compression process. The segment I represented by a tem-
plate of template set I 703 from the first selected page is
combined with the segment II represented by a template of
template set II 704 from the second selected page to form a
two dimensional transformed array comprised of segment 1
1609 and segment II 1608. The inverse two dimensional
transform 1306 is performed producing the two dimensional
array of speech parameters 1408.

As hitherto stated. the present invention digitally encodes
the voice messages in such a way that the resulting data is

very highly compressed and can easily be mixed with the
normal data sent over the paging channel or other similar
communications channel. In addition the voice message is
digitally encoded in such a way. that processing in the pager
or similar portable device is minimized. While specific
embodiment of this invention have been shown and
described. 1t will be appreciated that further modification
and mmprovement will occur to those skiiled in the art.

We claim:

1. A method for processing a voice message to provide
low bit rate speech transmission. said method comprising
the steps of:

processing the voice message for generating speech
parameters;

arranging the speech parameters into a two dimensional
parameter matrix comprising a sequence of parameter
frames;

transforming the two dimensional parameter matrix using
a predetermined two dimensional matrix transforma-
tion function to obtain a two dimensional transform
Imatrix;

deriving a set of distance values representing distances
between templates of a set of predetermined templates
and the two dimensional transform matrix, the set of
distance values which are derived being identified by
indexes identifying the templates of the set of prede-
termined templates;

comparing the set of distance values derived and selecting
therefrom an index corresponding to a template of the
set of predetermined templates having a shortest dis-
tance of the set of distance values derived; and

transmitting the index corresponding to the template of
the set of predetermined templates having the shortest
distance selected.
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2. The method according to claim 1. wherein the voice
message is an analog voice message. and wherein said step

of processing the voice message comprises the steps of:

sampling the voice message for generating voice message

samples; and

digitizing the voice message samples for generating digi-

tized speech samples.

3. The method according to claim 1. wherein the voice
message is digitized into digitized speech samples, and
wherein said step of processing the voice message comprises
the steps of:

generating speech frames representing a predetermined
“number of digitized speech samples; and

performing a speech analysis on the speech frames to

derive the speech parameters.

4. The method according to claim 1. wherein the prede-
termined two dimensional matrix transformation function is
a two dimensional discrete cosine transtform function.

8. The method according to claim 1. further comprising a
step of encoding the index corresponding to the shortest
distance selected in a predetermined signaling protocol for
transmission.

6. The method according to claim 1, wherein said step of
processing further comprises a step of generating a two
dimensional speech data matrix of speech parameters rep-
resenting the voice message, and wherein the sequence of
parameter frames comprises a portion of the two dimen-
sional speech data matrix.

7. The method according to claim 6. wherein the portion
of the two dimensional speech data matrix comprises a
predetermined number of parameter frames corresponding
to the two dimensional parameter matrix.

8. The method according to claim 6. wherein the portion
of the two dimensional speech data matrix comprises a
variable number of parameter frames corresponding to the
two dimensional parameter matrix.

9. The method according to claim 6. wherein said method
further comprises a step of storing a sequence of indexes in
an index array, wherein an index corresponds to a template
having the shortest distance which best represents the por-
ton of the two dimensional speech data matrix.

10. The method according to claim 9. further comprising
a step of encoding the index array in a predetermined
signaling protocol for transmission.

11. The method according to claim 1 wherein said step of
deriving comprises the step of calculating a distance value
using

dy = :ﬁ wifai;— b(k) )

where

d, represents a distance for a template of the set of
predetermined templates and the two dimensional
transform matrix,

(a; —b(k); ;) represents a difference between correspond-
ing cells of each template of the set of predetermined
templates and the two dimensional transform matrix.
and

w, ; represents a corresponding cell of a predetermined

weighting array.

12. The method according to claim 1, wherein the set of
predetermined templates comprises a first set of predeter-
mined templates and at least a second set of predetermined
templates., and wherein said step of deriving a distance value
derives a first distance value representing a distance between
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cach template of the first set of predetermined templates and
a first portion of the two dimensional transform matrix. the
first distance value identified by a first index corresponding
to each template of the first set of predetermined templates.
and

further derives at least a second distance value represent-
ing a distance between each template of the at least a
second set of predetermined templates and at least a
second portion of the two dimensional transtorm
matrix, the at least a second distance value identified by
at least a second index corresponding to each template
of the at least a second set of predetermined templates,
and wherein said step of deriving a set of distance
values

derives a first set of first distance values for the first set of
predetermined templates, and

further derives at least a second set of at least second
distance values for the at least a second set of prede-
termincd templates. and wherein said step of compar-
ing compares the first set of first distance values
derived and sclecting therefrom a first distance value
having a shortest distance for the first set of at least first
distance values, and

further compares the at least a second set of at least
second distance values derived and selecting therefrom
at least a second distance value having a shortest
distance for an at least first set of at least second
distance values, and said step of transmitting

transmits the first index corresponding to the first distance
value selected, and further transmits an at least second
index corresponding to the at least a second distance
value selected.

13. The method according to claim 1, wherein a second
set of predetermined templates comprises fewer templates
than the first set of predetermined templates.

14. The method according to claim 1, wherein the set of
predetermined templates represents a code book. and
wherein said method further comprises the steps of:

analyzing the speech parameters generated to determine a
characteristic of the voice message;

selecting a predetermined code book of a set of code

books corresponding to the characteristic of the voice
message determined; and

further transmitting a code book identifier identifying the

predetermined code book selected.

15. The method according to claim 14, further comprising
the step of encoding the index and the code book identifier
identifying the predetermined code book selected in a pre-
determined signaling protocol for transmission.

16. The method according to claim 1, wherein a set of
predetermined templates represents a code book, and
wherein said method further comprises the steps of:

receiving the voice message in a predetermined language
and further receiving information identifying the pre-
determined language;

selecting a predetermined code book corresponding to the
predetermined language from a set of predetermined
code books corresponding to a set of predetermined
languages; and

further transmitting a code book identifier identifying the
predetermined code book selected.

17. The method according to claim 16. wherein the voice

message is delivered via a telephone network and wherein a
telephone access number provides the information identify-

ing the predetermined language.
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18. The method according to claim 16. wherein the voice
message is delivered via a telephone network and wherein a
user provides the information identifying the predetermined
language.
19. The method according to claim 18, wherein the user
provides the information identifying the predetermined lan-
guage by entering a predetermined code.
20. A method for processing a low bit rate speech trans-
mission to provide a voice message. said method comprising
the steps of:
receiving one or more indexes corresponding to one or
more templates of a set of predetermined templates;

generating an array of speech parameters from the one or
more templates corresponding to the one or more
indexes received;

processing the array of speech parameters for generating
decompressed digital speech data; and
generating a voice message from the decompressed digital
speech data.
21. The method according to claim 20 further comprising
a step of storing the set of predetermined templates.

22. The method according to claim 21, wherein the set of
predetermined templates which is stored corresponds to a

duplicate set of predetermined templates utilized to com-
press the voice message.

23. The method according to claim 21, wherein the set of
predetermined templates which is stored corresponds to a

duplicate set of predetermined templates utilized to com-
press the voice message which have been transtformed using
a predetermined inverse matrix transformation function
prior to being stored.

24. The method according to claim 23. wherein the
predetermined inverse matrix transformation function is a
inverse two dimensional discrete cosine function.

25. The method according to claim 21. wherein set of
predetermined templates stored represents a code book
which corresponds to a predetermined language, and
wherein one or more code books corresponding to one or
more predetermined languages are stored.

26. The method according to claim 25, wherein said step
of storing further stores code book identifiers identifying the
one or more code books which are stored.

27. The method according to claim 26, wherein the code
book identifiers identifying the one or more code books
which are stored correspond to information provided by a
user.

28. The method according to claim 27. wherein the
information provided by the user corresponds to telephone
access numbers.

29. The method according to claim 26, wherein the one or
more indexes and code book identifiers identifying a pre-
determined code book are received encoded in a predeter-
mined signaling protocol.

30. The method according to claim 29, wherein the array
of speech parameters is arranged into speech parameter
frames for compression., and wherein the speech parameter
frames are received encoded in the predetermined signaling

protocol.

31. The method according to claim 20. wherein said step
of generating the array of speech parameters comprises a
step of transforming the one or more templates using a
predetermined inverse matrix transformation function.

32. An asymmetric voice compression processor for pro-
cessing a voice message to provide low bit rate speech
transmission, said asymmetric voice compression processor
comprising:

an input speech processor for processing the voice mes-

sage for generating digitized speech data;
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a signal processor programmed to

generate speech parameters from the digitized speech
data;

arrange the speech parameters into a two dimensional
parameter matrix comprising a sequence of param-
eter frames;

transform the two dimensional parameter matrix using
a predetermined two dimensional matrix transforma-
tion function to obtain a two dimensional transform
matrix;

derive distance values representing distances between
templates of a set of predetermined templates and the
two dimensional transform matrix, the distance val-
ues derived being identified by indexes correspond-
ing to the templates of the set of predetermined
templates;

compare the distance values derived and to select
therefrom an index corresponding to a template of
the set of predetermined templates having a shortest
distance of the distance values derived; and

a transmitter for transmitting the index corresponding to
the template of the set of predetermined templates
having the shortest distance selected.

33. The asymmetric voice compression processor accord-
ing to claim 32. wherein the voice message is an analog
voice message, and wherein said input speech processor
comprises:

a sampler for sampling the voice message for generating

voice message samples; and

a digitizer for digitizing the voice message samples for
generating digitized speech data.

34. The asymmetric voice compression processor accord-
ing to claim 32, wherein the voice message is digitized into
digitized speech samples. and wherein said input speech
Processor comprises:

a framer for generating speech frames representing a
predetermined number digitized speech samples; and

a speech analyzer for performing a speech analysis on the

speech frames to generate the speech parameters.

3S. The asymmetric voice compression processor accord-
ing to claim 32, wherein the predetermined two dimensional
matrix transformation function is a two dimensional discrete
cosine function.

36. The asymmetric voice compression processor accord-
ing to claim 32, further comprising an encoder for encoding
the index corresponding to the shortest distance selected in
a predetermined signaling protocol for transmission.

37. The asymmetric voice compression processor accord-
ing to claim 32. wherein said signal processor is further
programmed to generate a two dimensional speech data
matrix of speech parameters representing the voice message.
and wherein the sequence of parameter frames comprises a
portion of the two dimensional speech data matrix.

38. The asymmetric voice compression processor accord-
ing to claim 37, wherein the portion of the two dimensional
speech data matrix comprises a predetermined number of
parameter frames comresponding to the two dimensional
parameter matrix.

39. The asymimetric voice compression processor accord-
ing to claim 37, wherein the portion of the two dimensional
speech data matrix comprises a variable number of param-
eter frames corresponding to the two dimensional parameter
matrix.

40. The asymmetric voice compression processor accord-
ing to claim 37. said signal processor further comprises a
memory for storing a sequence of indexes in an index array.
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wherein an index corresponds to a template having shortest
distance best representing the portion of the two dimensional
speech data matrix.

41. The asymmetric voice compression processor accord-
ing to claim 40, further comprising an encoder for encoding
the index array in a predetermined signaling protocol for
transmission.

42. The asymmetric voice compression processor accord-
ing to claim 32 wherein said signal processor derives a
distance value by calculating the distance value using

dr = X wijai; — bk)i )P
1,}

where

d, represents a distance for a template of the set of
predetermined templates and the two dimensional
transform matrix,

(a; ,—b(k), ;) represents a difference between correspond-
ing cells of each template of the set of predetermined
templates and the two dimensional transform matrix,
and

W, ; represents a corresponding cell of a predetermined

weighting array.

43. The asymmetric voice compression processor accord-
ing to claim 32, wherein the set of predetermined templates
comprises a first set of predetermined templates and at least
a second set of predetermined templates. and wherein said
signal processor derives a first distance value representing a
distance between each template of the first set of predeter-
mined templates and a first portion of the two dimensional
transform matrix, the first distance value identified by a first
index comresponding to each template of the first set of
predetermined templates, and wherein said signal processor
is further programmed to

derive at least a second distance value representing a
distance between each template of the at least a second
set of predetermined templates and at least a second
portion of the two dimensional transform matrix. the at
least a second distance value identified by at least a
second index corresponding to each template of the at
least a second set of predetermined templates, and
wherein

said signal processor derives a set of distance values by

deriving a first set of first distance values for the first set
of predetermined templates, and

further deriving at least a second set of at least second
distance values for the at least a second set of prede-
termined templates. and wherein

said signal processor compares the first set of first dis-
tance values derived and selecting therefrom a first
distance value having a shortest distance for the first set
of at least first distance values. and

further compares the at least a second set of at least
second distance values derived and selecting therefrom
at least a second distance value having a shortest
distance for an at least first set of at least second
distance values. and

said transmitter transmits the first index corresponding to
the first distance value selected. and further transmits
an at least second index corresponding to the at least a
second distance value selected.

44. The asymmetric voice compression processor accord-
ing to claim 32, wherein a second set of predetermined
templates comprises fewer templates than the first set of
predetermined templates.
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45. The asymmetric voice compression processor accord-
ing to claim 32, wherein the set of predetermined templates
represents a code book. and wherein

said signal processor is further programmed to

analyze the speech parameters generated to determine a
characteristic of the voice message.

select a predetermined code book of a set of code books
comresponding to the characteristic of the voice mes-
sage determined. and

said transmitter further transmits a code book identifier

identifying the predetermined code book selected.

46. The asymmetric voice compression processor accorg-
ing to claim 45. wherein said signal processor further
comprises an encoder for encoding the index and the code
book identifier identifying the predetermined code book
selected in a predetermined signaling protocol for transmis-
sion.

47. The asymmetric voice compression processor accord-
ing to claim 32. wherein a set of predetermined templates
represents a code book, and wherein

said input speech processor receives the voice message in
a predetermined language and further for receiving
information identifying the predetermined language,

said signal processor selects a predetermined code book
corresponding to the predetermined language from a set
of predetermined code books corresponding to a set of
predetermined languages. and

said transmitter transmits a code book identifier identify-

ing the predetermined code book selected.

48. The asymmetric voice compression processor accord-
ing to claim 47, wherein the voice message is delivered via
a telephone network and wherein a telephone access number
provides the information identifying the predetermined lan-
guage.

49. The asymmetric voice compression processor accord-
ing to claim 47. wherein the voice message is delivered via
a telephone network and wherein a user provides the infor-
mation identifying the predetermined language.

50. The asymmetric voice compression processor accord-
ing to claim 49, wherein the user provides the information
identifying the predetermined language by entering a pre-
determined code.

51. A communication device for receiving a low bit rate
speech transmission to provide a voice message. said com-
munication device comprising:

a receiver for receiving one or more indexes correspond-

ing to one or more templates of a set of predetermined
templates;

a signal processor programmed to generate an array of
speech parameters from the one or more templates
corresponding to the one or more indexes received;

a speech synthesizer for processing the array of speech

parameters for generating decompressed digital speech
data; and

a converter for generating a voice message from the

decompressed digital speech data.

52. The communication device according to claim 51
further comprising a memory for storing the set of prede-
termined templates.

33. The communication device according to claim 352,
wherein the set of predetermined templates stored in said
memory corresponds to a duplicate set of predetermined
templates utilized to compress the voice message.

54. The communication device according to claim $2.
wherein the set of predetermined templates stored in said
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memory corresponds to a duplicate set of predetermined
templates utilized to compress the voice message which
have been transformed using a predetermined inverse matrix
transformation function prior to being stored in said
mMemory.

55. The communication device according to claim 54,
wherein the predetermined inverse matrix transformation
function is a Inverse two dimensional discrete cosine func-
tion.

56. The communication device according to claim 52.
wherein the set of predetermined templates stored in said
memory represents a code book which corresponds to a
predetermined language. and wherein sald memory stores
one or more code books corresponding to one or more
predetermined languages.

§7. The communication device according to claim 56.
wherein said memory further stores code book identifiers for
identifying the one or more code books stored in said
memory.

58. The communication device according to claim 57,
wherein the code book identifiers identifying the one or
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more code books stored in said memory correspond to
information provided by a user.

59. The communication device according to claim 58,
wherein the information provided by the user corresponds to
telephone access numbers.

60. The communication device according to claim 57,
wherein the one or more indexes and code book identifiers
identifying a predetermined code book are encoded in a
predetermined signaling protocol for transmission. and
wherein said communication device further comprises a
decoder for decoding the one or more indexes corresponding
to one or more templates of the set of predetermined
templates and the code books identifiers identifying a pre-
determined code book from within the predetermined sig-
naling protocol utilized for transmission.

61. The communication device according to claim 51,
wherein said signal processor is programmed to generate the
array of speech parameters by transforming the one or more
templates using a predetermined inverse matrix transforma-
tion function.
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